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(57) Abstract 

The performance benefits of buret-by-burst adaptive modulation are studied, employing a higher-order modulation scheme, when 
the channel is favourable, in order to increase the system's bits per symbol capacity and conversely, invoking a more robust, lower order 
modulation scheme, when the channel exhibits inferior channel quality. It is shown that due to the described adaptive modem mode switching 
regime a seamless multimedia source-signal representation quality - such as video or audio quality - versus channel quality relationship 
can be established, resulting in a near-unimpaired multimedia source-signal quality right across the operatmg channel Signal-to-Noise 
Ratio (SNR) range. The main advantage of the described technique is that irrespective of the prevailing channel conditions, the transceiver 
achieves always the best possible source^signal representation quality - such as video or audio quality - by automatically adjusting the 
achievable bitrate and the associated multimedia source-signal representation quality in order to match die channel quality experienced. 
This is achieved on a near-instantaneous or burst-by-burst adaptive basis under given propagation conditions in order to cater for the 
effects of path-loss, fast-fading, slow-fading, dispersion, ccx^hannel interference, etc. Furthermore, when the mobile is roaming in a 
hostile out-doors - or even hilly terrain - propagation environment, typically low-order, low-rate modem modes are invoked, while in 
benign indoor environments predominantly the high-rate, high source-signal representation quality modes are employed. 
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, Title of the Invention 

i Burst-by-burst Adaptive Single-carrier Data Transmission 
3 1 Background of the Invention 

« The invention relates to data transmission, more specifically to transmission in packets or bursu. 

5 In contrast to the burst-by-burst reconfigurable wideband multimedia transceivers described in this doc- 

6 ument, the term statically reconfigurable found in this context in the literature refers to multimedia 

7 transceivers that cannot be near-instantaneously reconfigured. More explicitly, the previously proposed 
. statically reconfigurable video transceivers were reconfigured on a long-term basis under the base sta- 
9 tion's control, invoking for example in the cenutU cell region - where benign channel conditions prevail 
,0 - a less robust, but high-throughput modulation mode, such as 4 bit/symbol Quadrature Amplitude Mod- 

ulation (16QAM), which was capable of transmitting a quadruple number of bits and hence ensured a 
.2 better video quality. By contrast, a robust, but low-throughput modulation mode, such as 1 bit/symbol 
.3 Binary Phase Shift Keying (BPSK) can be employed near the edge of the propagation cell, where hostile 
« propagation conditions prevail. This prevented a premature hand-over at the cost of a reduced video 
15 quality. 

,6 The philosophy of the fixed, but programable-rate proprietary video codecs and statically reconfigurable 
t7 multi-mode video transceivers presented by Streit et al in References [l]-[4] was that irrespective of 
te the video motion activity experienced, the specially designed video codecs generated a constant number 
of bits per video frame. For example, for videophony over the second-generation Global System of 
20. Mobile Communications known as tiie GSM system at 13 kbps and assuming a video scanning rate of 

21 10 frames/s. 1300 bits per video frame have to be generated. Specifically, two families of video codecs 

22 were designed, one refraining from using error-sensitive run-length coding techniques and exhibiting the 

23 highest possible error resilience and another, aiming for the highest possible compression ratio. This 

24 fixed-rate approach had the advantage of requiring no adaptive feedback controlled bitrate fluctuation 

25 smoothing buffering and hence exhibited no objectionable video latency or delay. Furthermore, tiiese 

26 video codecs were amenable to video telephony over fixed-rate second-generation mobile radio systems, 

27 such as the GSM. 

2a The fixed bitrate of the above proprietary video codecs is in contrast to existing standard video codecs, 

29 such as the Motion Pictures Expert Group codecs known as MPEGl and MPEG2 or the ITU's H.263 

30 codec, where the time-variant video motion activity and the variable-length coding techniques employed 
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M techniques by Matsuoka et al [\2] as well as Goldsmith er a/. [ 1 3]-[ 1 5]. 

65 In the narrow-band channel environment, the quality of the channel was determined by the short term 

66 Signal to Noise Ratio (SNR) of the received burst, which was then used as a criterion in order to choose 

67 the appropriate modulation mode for the transmitter, based on a list of switching threshold levels. /„ [9, 

68 10]. However, in a wideband environment, this criterion is not an accurate measure forjudging the quality 

69 of the channel, where the existence of multi-path components produces not only power attenuation of the 

70 transmission burst, but also intersymbol interference. Subsequently, a new criterion has to be defined to 
7. estimate the wideband channel quality in order to choose the appropriate modulation scheme. 

78 2 Summary of the Invention 

73 Particular and preferred aspects of the invention are set out in the accompanying independent and depen- 

74 dent claims. Features of the dependent claims may be combined with those of the independent claims as 
7s appropriate and in combinations other than those explicitly set out in the claims. 

76 The performance benefits of burst-by-burst adaptive modulation are described, employing a higher-order 

77 modulation scheme, when the channel is favourable, in order to increase the system's bits per symbol 
7. capacity and conversely, invoking a more robust, lower order modulation scheme, when the channel 
7» exhibits inferior channel quality. It is shown that due to the described adaptive modem mode switch- 
eo ing regime a seamless multimedia source-signal representation quality - such as video or audio quality - 

81 versus channel quality relationship can be established, resulting in a near-unimpaired multimedia source- 

82 signal quality right across the operating channel Signal-to-Noise Ratio (SNR) range. The main advan- 

63 tage of the described technique is that irrespective of the prevailing channel conditions, the transceiver 

64 achieves always the best possible source-signal representation quality - such as video or audio quality - by 
8$ automatically adjusting the achievable bitrate and the associated multimedia source-signal representation 
ae quality in order to match the channel quality experienced. This can achieved on a near-instantaneous or 
87 burst-by-burst adaptive basis under given propagation conditions in order to cater for the effects of path- 
86 loss, fast-fading, slow-fading, dispersion, co-channel interference, etc. Furthermore, when a mobile is 
89 roaming in a hosUle out-doors - or even hilly terrain - propagation environment, typically low-order. 
«, low-rate modem modes are invoiced, while in benign indoor environments predominantly the high-rate, 
91 high source-signal representation quality modes are employed. 
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10 Decoded video quality (PS^fR) versus channel SNR comparison of the four fixed mod- 
ulation modes (BPSK, 4QAM, 16QAM, 64QAM) with 5% transmission FER switching 
and that of the adaptive burst-by-burst modem (AQAM). AQAM is shown with a realis- 
tic one TDMA frame delay between channel estimation and mode switching, and a zero 
delay version for indicating the upper bound. The channel parameters were defined in 

,27 Table 1 ■ 

,28 1 i Decoded video quality (PSNR) versus channel SNR for the adaptive burst-by-burst mo- 
,29 dem (AQAM). AQAM is shown with a realistic one TDMA frame delay between channel 

,30 estimation and mode switching, and a zero delay version indicating the upper bound. Re- 

,3, suits are shown for three video sequences using the channel parameters that were defined 

132 m Table 1 : 

12 Decoded video quality (PSNR) versus transmission FER (or packet loss ratio) compar- 
ison of the four fixed modulation modes (BPSK, 4QAM, 16QAM, 64QAM) and that 
of the adaptive burst-by-burst modem (AQAM). AQAM is shown widi a realistic one 
136 TDMA frame delay between channel estimation and mode switching, and a zero delay 

,37 version indicating the upper bound. The channel parameters were defined in Table 1 . 

138 13 Transmission FER (or packet loss ratio) versus Channel SNR comparison of the fixed 
,39 BPSK modulation mode and the adaptive burst-by-burst modem (AQAM) for the three 

,40 sets of switching thresholds described in Table 4. AQAM is shown with a realistic one 

141 TDMA frame delay between channel estimation and mode switching. The channel pa- 

142 rameters were defined in Table 1 

143 14 Video bitrate versus channel SNR comparison for the adaptive burst-by-burst modem 
1*4 (AQAM) with a realistic one TDMA frame delay between channel estimation and mode 
,45 switching for the three sets of switching thresholds as described in Table 4. The channel 
146 parameters were defined in Table 1 
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.77 Channel Impulse Response (CIR) estimate derived using the channel sounding midamble and conse- 

,7a quently, the signal to noise and residual interference ratio at the output of the equalizer is calculated. 

,79 We note, however that the above adaptive methodology can also be extended to employing burst-by- 

.M burst adaptive channel coding associated with different-strength error correction codecs in the different 

,81 transceiver modes of operation. 

,82 4.3 Channel quality metrics 

,83 The most reliable channel quality estimate is the bit error rate (BER), since it reflects the channel quality, 

,84 irrespective of the source or the nature of the quality degradation. 

,as Firstly, the BER can be estimated with a certain granularity or accuracy, provided that the system entails 

,86 a channel decoder or - synonymously - Forward Error Correction (FEC) decoder employing algebraic 

,87 decoding. 

,B8 Secondly, if the system contains a soft-in-sofi-out (SISO) channel decoder, the BER can be estimated 

,69 with the aid of the Logarithmic Likelihood Ratio (LLR), evaluated either at the input or the output of the 

,90 channel decoder. A particularly attractive way of invoking LLRs is ethploying powerful turbo codecs, 

,3, which provide a reliable indication of the confidence associated with a panicular bit decision in the 

.92 context of LLRs. The LLR is defined as the ratio of the probabilities of a specific bit being binary zero 

193 or one. Again, this measure can be evaluated at both the input and the output of the turbo channel codecs 

,94 and both of them can be used for channel quality estimation. 

19$ Thirdly, in the event that no channel encoder / decoder (codec) is used in the system, the channel quality 

,96 expressed in terms of the BER can be estimated with the aid of the mean-squared error (MSE) at the 

,97 output of the channel equaliser or the closely related metric, the Pseudo-Signal-to-noise-ratio (Pseudo- 

198 SNR). The MSE or pseudo-SNR at the output of the channel equaliser have the important advantage 
.99 that they are capable of quantifying the severity of the inter-symbol-interference (ISI) and/or Co-channel 
200 Interference experienced, in other words quantifying the Signal to Interference plus Noise Ratio (SINR). 

20, 43.1 Pseudo-SNR Embodiment 

202 A specific embodiment based on the above-mentioned pseudo-SNR is now described in more depth;. 

203 Employing the pseudo-SNR has the advantage that it is generally applicable, regardless of whether or 

204 not a channel codec is present. 

We found that the residual channel-induced inter-symboi-interference (ISI) at the output of the decision 
feedback equaliser (DFE) is near-Gaussian distributed and that if there are no decision feedback errors. 
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Parameter 


Value 


Carrier Frequency 


1 .9GHz 


Vehicular Speed 


30mph 


Doppler frequency 


85Hz 


Normalised Doppler frequency 


3.27 X 10-5 


Channel type 


COST 207 Typical Urban (see Figure 3) 


Number of paths in channel 


4 


Data modulation 


Adaptive QAM 
(BPSK, 4-QAM. 16-QAM. 64-QAM) 


Receiver type 


Decision Feedback Equalizer 
Number of Forward Filter Taps = 35 
Number of Backward Filter Taps = 7 



Table 1: Modulation and channel parameters 



221 performance degradation is fairly minor for packet dropping or frame error rates (FER) below about 5%, 

222 These packet dropping events are signalled to the remote decoder by superimposing a strongly protected 

223 one-bit packet acknowledgement flag on the reverse-direction packet, as outlined in [5], In the embod- 

224 iment we also invoked the adaptive rate conU-ol and packetisation algorithm of [5], supporting constant 

225 Baud-rate operation, 

226 As a specific example of the burst-by-burst adaptive nultimedia system we used 1 76x 1 44 pixel so-called 

227 QCIF-resolution, 30 frames/s video sequences encoded at bitraies resulting in high perceptual video 

228 quality, in order to demonstrate the performance advantages of the video transceiver. Table 1 shows the 

229 modulation- and channel parameters employed, noting again that the associated principles are applicable 

230 in the context of a whole range of other system parameters. The COST207 four-path typical urban (TU) 

231 channel model was used in quantifying the associated system performance and its impulse response 

232 is portrayed in Figure 3. As an example, we used die Pan-European FRAMES proposal as the basis 

233 for our wideband dismission system, the frame structure of which is shown in Figure 4. Employing 

234 the FRAMES Mode Al (FMAl) so-called non-spread data burst mode required a system bandwidth of 

235 3.9MHz, when assuming a modulation excess bandwidth of 50%. A range of other system parameters 

236 are shown in Table 2. 

237 The specific example of the video transceiver - which is used to demonstrate the advantages of the system 

238 concept - is based on the H.263 video codec. The video coded bitstream was protected by binary Bose- 
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Features 


Multi-rate System j 


Mode 


BPSK 


4QAM 


i6QAM 


64QAM 


Bits/Symbol 


1 


2 


4 


6 


FEC 


Near Half-rate BCH 


Transmission 

bitrate (kbit/s) 


148.2 


296.4 


592.8 


889.3 


Unprotected 
bitrate (kbil/s) 


75.S 


151.7 


303.4 


456.1 


Effective 

Video-rate (kbii/s) 


67.0 


141.7 


292.1 


446.4 


Video fr. rate (Hz) 


30 



Table 3: Operational-mode specific transceiver parameters 

». by-burst adaptive v^^ide-band modem. Figure 5 demonstrates how the burst-by-burst adaptive modem 

«s changes its modulation modes every transmission burst, ie every 4.615 ms. based on the fluctuating 

256 pseudo-SNR. The right-hand-side vertical axis indicates the associated number of bits per symbol. 

257 By changing to more robust modulation schemes automatically, when the channel quality is reduced 
«, allows the packet loss ratio, or synonymously, the FER. to be reduced, which results in increased per- 
25, ceived video quality. In order to judge the benefits of burst-by-burst adaptive modulation we considered 

260 two scenarios. In the first scheme the adaptive modem always chose the perfectly estimated AQAM 

261 modulation mode, in order to provide a maximum upper bound performance. In the second scenario 
282 the modulation mode was based upon the perfectly estimated AQAM modulation mode for the previous 
2s> burst, which corresponded to a delay of one Time Division Multiple Access (TDMA) frame duration 
26« of 4.615ms. This second scenario represents a practical burst-by-burst adaptive modem, where the one- 

265 frame channel quality estimation latency is due to superimposing the receiver's perceived channel quality 

266 on a reverse-direction packet, for informing the transmitter concerning the best mode to be used. 

267 The probability of the adaptive modem using each modulation mode for a panicular average channel 

26. SNR is portrayed in Figure 6 in terms of the associated modem mode probability density functions 

269 (PDFs). It can be seen at high channel SNRs that the modem mainly uses the 64QAM modulation mode. 

270 while at low channel SNRs the BPSK mode is the most prevalent one. 

27, Figure 7 shows the transmission FER (or packet loss ratio) versus channel SNR for the 1, 2. 4 and 6 
,72 bit/symbol fixed modulation schemes, as well as for the ideal and for the one-frame delayed realistic 
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MS SNRs, as demonstrated in Figure 6. 

307 Having shown the effect of the burst-by-burst adaptive modem on the transmission FER and effective 

308 bitrate, let us now demonstrate these effects on the decoded video quality, measured in terms of the Peak 

309 Signal-to-Noise Ratio (PSNR). Figure 10 shows the decoded video quality in terms of PSNR versus 

310 channel SNR for both the ideal and realistic adaptive modem, and for the four modes of the statically 

311 configured multi-mode modem. It can be seen that - as expected - the ideal adaptive modemv which 

312 always selects the perfect modulation modes, has a better or similar video quality for the whole range 

313 of channel SNRs. For the statically configured multi-mode scheme the video quality degrades, when 

314 the system switches from a higher-order to a lower-order modulation hnode. The ideal adaptive modem 

315 however smoothes out the sudden loss of video quality, as the channel degrades. The non-ideal adaptive 

316 modem has a slightly lower video quality performance, than the ideal adaptive modem, especially at 

317 medium SNRs. since it sometimes selects the incorrect modulation mode due to the estimation delay. 
31B This can inflict video packet loss and/or a reduction of the effective video bitrate, which in turn reduces 

319 the video quality. 

320 The difference between the ideal burst-by-adaptive modem, using ideal channel estimation and the non- 

321 ideal, realistic burst-by-burst adaptive modem, employing a non-ideal delayed channel estimation can be 

322 seen more clearly in Figure 11 for a range of video sequences. Observe that at high and low channel 

323 SNRs the video quality performance is similar for the ideal and non-ideal adaptive modems. This is 

324 because the. channel estimation delay has little effect, since at low or high channel SNRs the adaptive 

325 modem is in either BPSK or 64QAM mode for the majority of the time. More explicitly, the channel 

326 quality of a transmission frame is almost always the same as that of the next, and hence the delay has 

327 little effect at low and high SNRs. 

328 The video quality versus channel quality trade-offs can be more explicitly observed in Figure 12. This 

329 figure ponrays the decoded video quality in PSNR versus the packet loss ratio or. transmission FER. 

330 The ideal and practical adaptive modem performance is plotted against that of the four fixed modulation 

331 schemes in the figure. It can been seen that the adaptive modems' video quality degrades from that 

332 achieved by the error-free 64QAM modem towards the BPSK modem performance as the packet loss 

333 ratio increases. The practical adaptive modems* near constant FER performance of 3% at medium SNRs 

334 can be clearly seen in the figure, which is associated with the reduced PSNRs of the various modem 

335 modes, while having only minor channel error-induced impairments. 
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358 5 Summary 

359 The above-described burst-by-bursi adaptive multimedia transceiver concept exhibits substantia! advan- 
3G0 lages in comparison to conventional fixed-mode or statically reconfigurable transceivers, v^/hich was sub- 

351 stantiated in the context of a specific embodiment of the advocated system concept, namely with the. aid 

352 of a burst-by-burst adaptive video transceiver. 

363 Specifically, the main advantage of the described burst-by-burst adaptive transceiver technique is that ir- 

354 respective of the prevailing channel conditions, the transceiver achieves always the best possible source- 

365 signal representation quality - such as video, speech or audio quality - by automatically adjusting the 

366 achievable bitrate and the associated multimedia source-signal representation quality in order to match 

367 the channel quality experienced. This is achieved on a near-instantaneous or burst-by-burst adaptive 
366 basis under given propagation conditions in order to cater for the effects of path-loss, fast-fading, slow- 

369 fading, dispersion, co-channel interference, etc. Furthermore, when the mobile is roaming in a hostile 

370 out-doors - or even hilly lerrmn - propagation environment, typically low-order low-rate modem modes 

371 are invoked, while in benign indoor environments predominantly the high-rate, high source-signal repre- 

372 sentation quality modes are employed. 

373 The described system embodiment has the following features: 

1. A reliable instantaneous channel quality metric is employed, in order to appropriately configure 
the AQAM modem for maintaining the required target BER and the associated source signal rep- 
resentation quality. The range of potential channel quality metrics entails the pseudo-SNR, SINK, 
BER and its LLR-based channel estimates. 
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2. The perceived channel quality detennines the number of bits that can be transmitted in a given 
transmitted packet or burst, which in mm predetermines the number of bits to be generated by the 
associated multimedia source codec, such as for example the associated video, audio, speech or 
handwriting codec. Hence the multimedia source codec has to be capable of adjusting the number 
of bits generated under the instruction of the burst-by-burst adaptive transceiver. 

3. The transmitter mode requested by the receiver, in order to achieve die target performance has to 
be signalled by the receiver to the remote transmitter. Another scenario is. where the uplink and 
downlink channel quality is sufficiently similar for allowing the receiver to judge, what transmis- 
sion mode the associated transmitter should use, in order for its transmitted signal to maintain the 
required transmission integrity.. Lastly, the mode of operation used by the transmitter can also be 
detected using blind detection techniques, for example in conjunction with the associated channel 

15 
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CLAIMS 

1 . A receiver unit comprising: 

a burst-by-burst adaptive equalizer having an input for receiving data bursts from a 
5 communication charineL each burst containing a number of bits per symbol; 

a computational unit for computing a received signal quality metric related to a bit 
error rate experienced during transinission over the communication chaimel; 

10 an output for relaying the signal quality metric, conveying signal quality as perceived 
by the receiver unit, for use in determining a configuration for subsequent transmission 
bursts. 

2. A receiver unit according to claim 1 , wherein the received signal quality metric 
15 is evaluated from an interference parameter. 

3. A receiver unit according to claim 2, wherein the signal quality metric is 
evaluated using channel impulse response estimates derived from a training sequence 
embedded in each transmission burst, 

20 

4. A receiver unit according to claim 2, wherein the interference parameter is a 
measure of co-channel interference. 

5. A receiver unit according to claim 2, wherein the interference parameter is a 
25 measure of inter-symbol interference. 
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12. A receiver unit -according to any one of the preceding claims, wherein the 
configuration defines the number of bits per s>-mbol in each transmission burst, which 
is varied according to the signal quality metric computed from a previous transmission 
burst, as supplied by the output. 

5 

13. A receiver unit according to any one of the preceding claims, wherein the 
output is arranged to relay the signal quality metric, representative of signal quality as 
perceived by the receiver unit, through the communication channel for configuration 
of the remote transmitter for subsequent transmission bursts, thereby to provide 

10 closed-loop feedback. 

14. A receiver unit according to any one of claims 1 to 12, wherein the output is 
arranged to relay the signal quality metric, representative of signal quality as perceived 
by the receiver unit, to a transmitter unit local to the receiver unit for configuration of 

15 the local transmitter unit for subsequent transmission bursts to a remote receiver unit 
associated with the remote transmitter unit, thereby to provide open-loop feedback. 

15. A receiver unit according to any one of claims 1 to 12, wherein the signal 
quality metric is internally used in a blind detection scheme to reconfigure the receiver 

20 unit for decoding subsequent transmission bursts. 

16. A system comprising a receiver unit according to any one of claims 1 to 12 in 
combination with a transmitter unit, wherein the transmitter unit has an input 
connected to the outptit of the receiver unit for receiving the signal quality metric, the 

25 transmitter unit having a configuration that is responsive to the signal quality metric. 

17. A system according to claim 16, wherein the transmitter unit comprises an 
interactive multimedia encoder having a configuration that is responsive to the signal 
quality metric. 



30 



1 8. A system according to claim 1 6 or 1 7. wherein the transmitter unit comprises a 
modem having a configuration that is responsive to the signal quality metric. 
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